Increasing popularity of VoIP systems has witnessed applications in emerging technologies like Cognitive Radio Networks (CRN). The stringent QoS requirements in VoIP coupled with complexities in CRN have initiated intensive research in the field of performance analysis and optimizations guided by simulation results. However, in the absence of any standard model of VoIP over CRN, accuracy and credibility of the simulation output are strongly dependent on proper design of the simulation model that must have a strong mathematical foundation. The objective of this paper is to build standard models for VoIP in CRN and successfully implement VoIP applications over CRN domain, which will serve as initial point for development with respect to all future simulation studies in VoIP over CRN category. Initially, models of VoIP in CRN are developed using OPNET Modeler 16.0.A following distributed architecture in single-channel and multi-channel scenarios and further in Visual C++ adhering to the principles of centralized architecture. The models are validated by comparison of simulation results obtained in both platforms. The underlying mathematical model behind the design is established and the critical factors pertaining to both VoIP and CRN domain are extensively analyzed.
INTRODUCTION
Wireless communication has evolved with time thereby witnessing consistently increasing number of users and higher bandwidth requirement of data and multimedia technologies that has adversely affected the availability of frequency spectrum. Cognitive radio [1] addresses this problem of spectral congestion by introducing opportunistic usage of frequency bands that are not heavily occupied by licensed users [1] [2] [3] . Considering the popularity of VoIP owing to low maintenance and operating costs [4] , increased support for more users while using limited radio resources [5] is of primary concern. Therefore, VoIP implementation over cognitive radio network (CRN) has bright prospect that must be explored thoroughly. However, real-time constraints imposed by delay sensitive communication add to the complexities of CRN design and must be carefully addressed.
Although considerable research studies have ventured into the challenges of CRN, analysis and optimization of VoIP calls in CRN have witnessed relatively few works. VoIP capacity analysis, for example, has been done over a cognitive radio model in [5] and [6] through a queuing model based on the MMPP traffic flow and a Markov channel model without any retransmission. This work has been extended over single and multiple channels in [7] . Delay analysis for real-time traffic has been performed with respect to cognitive radio sensor networks in [8] . The potential contributions of cognitive radio to spectrum pooling are highlighted in [9] which outline an initial framework for formal radio-etiquette protocols for flexible mobile multimedia communications. Further, adaptive packet scheduling algorithm based on priority based queues for Quality of Service (QoS) maintenance in real-time traffic has been proposed in [10] .
In absence of any standard for VoIP in CRN implementation, such research is based on simulation studies and mathematical analysis. However, the model description of VoIP over CRN in all such works lacks transparency and clarity and also requires proper documentation followed by verification and validation. It has been observed that simulation in telecommunication and networking often lacks credibility due to lack of appropriate use of pseudo-random generators and in-depth analysis of simulation output data [11] . Therefore, design of proper simulation model is as crucial as the analysis and optimization of challenges involved in VoIP over CRN domain. Moreover, the simulation output from the designed model must be analyzed using mathematical tools and validated accordingly to be utilized for future research globally [12] . This paper aims to develop models of VoIP in CRN in different simulation platforms to help researchers with further exploration in this realm. Keeping pace with rapid and continuous development in this domain, several modifications must be made in the proposed models to apply novel, adaptive and cross-layer strategies. Moreover, mathematical models should be modified accordingly in every network layer to support advanced opportunistic mode of communication. Performance in different types of networks can be further studied by placing such customized nodes in already established network models.
The problem is defined in Section 2. A model for VoIP over CRN is designed for both single and multiple channel scenarios following distributed architecture in Section 3. Section 4 provides another implementation of a model of VoIP in CRN by adhering to principles of centralized architecture. Advantages of proposed models along with areas of further improvement are discussed in respective sections. Validation of model design is performed in Section 5 by comparison of simulation output from developed models. The underlying mathematical model behind the design is established in Section 6. Extensive analysis of the critical attributes in the developed models is carried out in Section 7. Finally, the work is summarized in Section 8.
PROBLEM DEFINITION
The objective of this paper is to develop efficient models of VoIP over CRN in different simulation platforms that will help in performing analytical studies and implementing proposed optimizations by suitable modifications to the proposed models. Adhering to the principles of Design Science methodology [13] , the primary aim of this work is analysis of problem domain followed by development and evaluation of simulation models to study behavior of real-time VoIP transmission in CRN.
The driving factor behind implementation of VoIP in CRN is that link utilization and hence, capacity of VoIP system must be increased along with enhancement in call quality [6] . Let L be link utilization with respect to time and M be derived expression from Mean Opinion Score (MOS). Let f(L,M) be the function of L and M. Therefore, the objective is to maximize f(L,M). Hence, the objective function can be mathematically denoted by (1) .
Active networks like VoIP transmission in CRN embed computational capabilities into conventional networks, thereby massively increasing the complexity. Therefore, simulation has scored over traditional analytical methods in analyzing active networks [14] . This necessitates appropriate design of models in simulation platforms. The basic principle behind proposed simulation model is shown in Figure 1 . The primary user (PU) generates traffic at uniform distribution interval between 5 sec to 10 sec. The secondary user (SU) is VoIP user and implements G.711 codec [15] . The PU is licensed user with priority to use the channel. But it does not always occupy channels and SUs as cognitive radio users are permitted to use these channels in absence of PU. SUs sense channels in sensing period and start transmission in transmission period only when PU is inactive.
DESIGN OF SIMULATION MODEL IN OPNET MODELER 16.0.A
Initially, a simple VoIP over CRN model is designed in OPNET Modeler 16.0.A [16] following distributed architecture [17] . OPNET Modeler 16.0.A is chosen as the simulation platform as it offers highly customizable nodes along with options ranging from traffic distribution and network parameters to cross-layer architecture based operational modes and collection of wide range of statistical results. 
Design in a Single-Channel Scenario

Overview of the Model
The node model for SU as designed in OPNET Modeler 16.0.A is shown in Figure 2 (a). The application layer node is the VoIP node responsible for managing VoIP transmissions. This node is followed by Real-time Transport Protocol (RTP), User Datagram Protocol (UDP) and Internet Protocol (IP) nodes. The functionalities of network layers are incorporated in process models corresponding to each node in node model. VoIP_sink node acts as sink for packets already received and processed accordingly. The MAC_Controller node acts as link layer node and cooperates with physical layer node which is involved in sensing, transmission and reception. Spectrum management functionalities like spectrum sensing and spectrum handoff must work in collaboration with the communication protocols [17] and hence such cross-layer architecture is implemented in this paper.
The process model corresponding to MAC_Controller node is shown in Figure 2 (a). It consists of sense and transmit processes that respectively sense and transmit packets according to the principle stated above. Single radio architecture is implemented in sensing principle, where a specific time slot is allocated for spectrum sensing. Thus, only certain accuracy can be guaranteed for spectrum sensing results. It also results in decrease in spectrum efficiency as some portion of available time slot is used for sensing instead of data transmission [18] . The advantage of single radio architecture is its simplicity and lower cost [2] , both of which are essential for low cost VoIP communication. Moreover, modeling of sensing is based on energy detection based radiometry [19] or periodogram. The advantages include low computational and implementation complexities that make the model simpler with less algorithmic delays. It is also generic as receivers need no knowledge on PU's signal [2] . However, it may lead to false alarms and precautions must be taken. Further, VoIP packets are designed following protocol formats in each layer. 
Discussion of Simulation Results
The principle of maximum throughput for secondary (VoIP) users with negligible interference to the PUs is followed in this model. Accordingly, sensing and transmission time for SUs are varied. As observed from Figure 3 (a), mean end-to-end delay for VoIP calls in SUs increases with increase in sensing period due to increase in waiting time for packets waiting to be transmitted. This delay is decreased with increase in secondary transmission period, thereby creating a favorable environment for VoIP transmission. It is further witnessed from Figure 3 (b) that increase in sensing period increases SU packet loss which increases with decrease in secondary transmission period. Throughput degradation for SUs is recorded in Figure 4 with increase in sensing period. A sharp decline in received total traffic with increase in sensing interval denotes that there must be a maximum bound on the sensing interval for successful VoIP transmission. Finally, it is observed from Figure 5 that jitter increases with increase in sensing period and decrease in secondary transmission period. 
Design in a Multiple-Channel Scenario
The work is extended in multiple-channel scenario with the assumption that at any point of time, atleast one channel is free for transmission for certain time duration. However, suitable modifications must be made to this model to include effects of various MAC protocols in the domain of free channel allocation.
Model Overview
The modified node model for SU as designed in OPNET Modeler 16.0.A is shown in Figure 2 (b). The node model as described in Section 3.1.1 is updated to include another set of transmitter and receiver that operates in a different channel. This necessitates design of two sense nodes for two channels. Therefore, MAC_Controller node is developed accordingly to switch to the free channel when the other channel is busy. The other nodes along with packet formats are kept similar to the ones described in Section 3.1.1. Single-radio architecture and radiometry as discussed in Section 3.1.1 are applied to this model.
Study of Simulation Output
The developed model is used to analyze VoIP performance in CRN following the principle as stated in Section 2. The channel throughput is shown in Figure 6 (a) for each channel from the sender end. Sense and transmit durations are kept at 1 sec. It is observed that in presence of PU, channel 2 initiates VoIP transmission and hence simultaneous transmission is observed in both channels. that end-to-end delay and jitter increase with time respectively. This is because number of occurrences with respect to channel switching increases with increased PU activity and hence both delay and jitter increase.
Benefits of the Designed Models
The generic mechanism for development and subsequent maintenance of simulation model requires software engineering concepts along with application expertise. Hence, Prototype model [20] has been implemented in our workflow as it provides us with crude system model that serves as focal point of analysis.
Moreover, multi-paradigm modeling [21] is followed while designing models in OPNET Modeler 16.0.A. The system is considered to be a collection of objects with processes initiating state changes. The advantage is that parallel processing of the object behavior is ensured that is mandatory in simulations involving long runs [11] . However, OPNET Modeler 16.0.A supports conservative approach of system modeling [22] with potential for deadlock and hence care must be taken to prevent it.
The developed simulation models can be used for analysis of the existing algorithms in the field of VoIP performance in CRN, experimentation and application of new algorithms with appropriate modifications to the developed model and as training tools to acquaint researchers with ideas of VoIP implementation in CRN. The simulation output can be analyzed quantitatively and qualitatively along with post simulation animation [23] that visualizes input, internal and output behavior of designed models.
DESIGN OF SIMULATION MODEL IN VISUAL C++
The work is extended in the domain of model design for VoIP over CRN in a single channel scenario following the centralized architecture. Visual C++ [24] has been chosen for this work as it is the foremost language used in simulation today [25] .
Overview of the Model
Both PUs and SUs are modeled based on the fundamental principle of cognitive radio cycle as described in Section 2. The basic modules of developed model are described as follows. This model is based on centralized client-server based design.
Cross-layer architecture is again followed in this model along with single radio architecture as described in Section 3.1.1.
Study of Simulation Data
Simulation is carried out in the model as described in Section 4.1 for analysis of VoIP deployment over CRN. It is observed from Figure 9 (a) that increase in sensing interval and decrease in secondary transmission interval increase the number of outstanding packets for SUs in buffers. Therefore, sensing period must have a maximum limit to avoid packet loss due to buffer overflow. However, delay increases degrading VoIP call quality.
The scenario varies from PU perspective. For low PU activity, it is noticed that number of sensing intervals where PU is absent or goes undetected is more. These are wasted time intervals for SUs as they abstain from VoIP transmission and results in outstanding SU packets in buffers. It is observed from Figure 9 (b) that wasted time intervals increase with decrease in sensing interval. Thus it demands minimum limit on sensing interval. It is also seen from Figure 10 that effective transmission time of SU, free from any PU interference, is high for low sensing intervals. However, this duration is not directly proportional to secondary transmission time interval as increase in effective transmission time is less due to increased PU interference.
Advantages of the Designed Model
Model design is modular in nature as modularity increases simulation speed and allows debugging of errors. Moreover, such a design is encouraged as a valid and simpler model is efficient [26] . In absence of standard for VoIP implementation over CRN, conceptual modeling [27] is followed in this model. Lack of knowledge hinders design of simulation model. Hence, the model is run iteratively to gather data and use it for modifications.
Advantages of adopting an iterative model are stated as follows.
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 It avoids designers from falling in love with a certain model, which is one of the serious perils of simulation design [28] .  It allows scope of introducing agent based modeling [21] where system gradually evolves from interaction of agents.  Increase in simulation runs with incremental model design detects possible errors and discrepancies in the model [26] .
Analysis of simulation data is done graphically as it is simpler and easier to interpret and provides useful information about the trend in variation of parameters. Moreover, lack of standard data for VoIP over CRN proves to be a major obstacle towards proper model design. Therefore, statistical analysis of limited simulation data is not encouraged as such data is easy to misinterpret resulting in gross error [29] and inefficient modeling. Thus this simulation model in Visual C++ serves as an excellent tool to study basic VoIP performance over CRN and provides the researchers with a prototype to implement further optimizations.
VALIDATION
Validation of the developed models is performed by comparison of simulation data obtained from each model. 
MATHEMATICAL MODEL
An exhaustive study of the VoIP model over CRN requires design of a suitable mathematical model to support and validate the obtained output. However, following the principles of prototype modeling, such a mathematical model must be developed initially with basic approximations and gradually that model must be refined to present a more realistic approach. With respect to VoIP over CRN, a detailed mathematical analysis must cover all critical factors ranging from timing parameters (including sensing time, transmission time), PU and SU activities, attributes pertaining to CRN network, VoIP codec parameters, queuing attributes, etc. However, such an analysis is implementation specific and is also dependent on prevailing network conditions and user activity patterns. As this paper primarily aims to provide the initial platform for model development and subsequent research in the domain of VoIP over CRN, a basic mathematical model based on the total time of VoIP transmission is presented that forms the basis of the developed model for VoIP in CRN.
The primary analysis is based on the consideration that sensing and transmission time durations are uniform throughout the VoIP communication duration. Moreover, spectral handoff is not considered in this work as it depends on various implementation strategies and spectral handoff policies (proactive and reactive) [30] . Let T be the total time of VoIP transmission that includes the sensing time t s and secondary transmission time t d . Let P si and P di denote probability of PU arrival in ith sensing period and ith transmission period respectively. The expression for T is derived as follows.
Simplifying (2), the expression for T is as follows.
Considering fixed t si and t di time durations
It is apparent that PU arrival probabilities, namely P si and P di are interdependent as described below. Let λ be the PU arrival probability which is considered to be uniform for every time slot in this paper. It is to be noted that when the model is refined for advanced research and learning, λ will be governed by the probability distribution function of the corresponding PU traffic distribution. Thus, the general expression for T can be derived from (4) and expressed in (6) . It is clearly observed from the equation that the overall time of VoIP transmission in the most basic scenario depends on the PU traffic characteristics that govern the PU arrival probability λ. Furthermore, selection of optimal sensing and transmission durations also plays an important role towards deciding the successful VoIP communication duration as inferred from (6).
ANALYSIS OF CRITICAL ATTRIBUTES IN DESIGNED MODELS
In this section, the critical factors affecting the basic model design for VoIP in CRN are discussed thoroughly. Analysis is carried out based on the obtained simulation data from the OPNET Modeler 16.0.A based Model. OPNET based model is preferred over the Visual C++ based model for analysis in this section as the OPNET based model is more robust and includes the complete set of basic attributes pertaining to VoIP and CRN domain.
SU Traffic Distribution Pattern
The work in this paper considers deploying VoIP applications in SUs. Hence, the traffic distribution for SUs is a major factor towards model design and development. It is worth mentioning that VoIP transmission occurs in talkspurts with multiple on-off periods [31] . Therefore, the silence periods in VoIP transmission render the channel idle and also reduce the probability of sudden interference with PU. This fact is clearly established in Figure 12 which shows the variation in channel throughput for varying silence (on and off) periods. Moreover, the variation in SU transmission durations further affects the VoIP talkspurts and the throughput varies accordingly as reflected from Figure 13 (a). However, there is a clear trade-off between increasing SU transmission duration and corresponding decrease in VoIP call quality due to increase in probability of PU interference. Finally, SU traffic distribution is varied in Figure 13 (b) that results in different levels of throughput obtained in case of VoIP SUs for identical transmission durations and on-off periods. Therefore, it can be inferred that accurate estimation of SU traffic pattern is crucial towards achieving high VoIP throughput while maintaining calls at an acceptable quality.
PU Activity
SU activity is further influenced by sudden variations in PU traffic distributions. PUs being the licensed users must be protected from any possible interference with SUs [3] . Therefore, detailed analysis of PU traffic distribution on VoIP throughput is carried out in the developed OPNET based model. It is observed from Figure 14 that increased PU presence results in decrease in SU throughput on the current channel along with increase in SU transmission on the alternative channel. This fact reflects the necessity of carefully selecting alternative channels for SU transmission in conjunction with channel reservation policies [32] . Modifications in sensing and transmission durations along with variation in PU transmission rate further affects interference of SUs with PUs as observed in Figure 15 . Finally, the PU traffic distribution pattern is varied to analyze the effect on SU throughput. Figure 16 clearly points out that SU load balancing on multiple channels is a critical aspect that must be studied extensively for different PU transmission distribution functions. 
PU Sensing Issues
Detailed analysis of the effect of PU presence on SU throughput has already been performed in (i) and (ii). Hence, it is obvious that appropriate PU detection technique must be deployed by SU to avoid any interference and subsequent degradation in VoIP call quality. The reason for applying periodogram technique in this context has been mentioned in Section 3.1.1. However, delays involved in detection of PU and subsequent decision-making can considerably decrease the efficiency of periodogram resulting in interference [17] . This fact is established in Figure 17 where higher delays in sensing PU result in increased duration for which the active channel is marked as idle, creating a scenario of mis-detection [17] . Subsequently, SU transmission time increases, thereby increasing the collision with PUs. Therefore, such delays are highly critical towards a successful VoIP over CRN model and must be reduced.
Packet Processing Delays
Any packet-switched network is characterized by delays involving packet generation, packet processing and reception [33] . Such delays adversely affect the overall quality of transmission and can prove to be critical for real-time VoIP applications in intelligent networks like CRN. This model captures such delays and indicates the corresponding degradation suffered by VoIP applications. It is observed from Figure 18 that the effect of delay in arrival of VoIP packets for transmission results in increased collision with PU. This is because SU transmission does not occur on its designated time slot. Packet generation delay further induces loss in throughput at the transmitter and receiver ends as observed in Figure 19 (a) and Figure 19 (b) respectively. Similarly, the effect of packet reception delay is witnessed in Figure 20 which reflects considerable decrease in throughput at the receiver end. Thus every packet induced delay must be minimized to retain the overall QoS of VoIP in CRN.
CONCLUSION
This paper has dealt with the design of VoIP model in CRN under various simulation platforms followed by extensive analysis of simulation output. The problem domain is defined along with the basic principle of VoIP implementation in CRN. Initially, VoIP models in CRN domain for single and multi-channel scenarios are designed in OPNET Modeler 16.0.A. following distributed architecture. In the next phase, the principle of centralized architecture is applied to develop a model for VoIP communication over CRN in Visual C++. Detailed analysis of simulation output in each scenario indicates strong correlation between VoIP QoS metrics and CRN parameters. Comparison of the corresponding simulation output validates the proper design of the models. Furthermore, the basic mathematical policy behind the design has been established in this paper that has opened up various issues in both VoIP and CRN domains to be analyzed for future research. Finally, the critical attributes of the developed models are studied in detail to focus on overall quality improvement for VoIP transmission in CRN. Performance study of the models reflects efficient simulation design with sufficient credibility. Thus these models can be used by learners and researchers to gather basic knowledge of VoIP transmission in CRN followed by suitable optimizations that are enabled by enormous scope in further development of the designed models.
ACKNOWLEDGMENTS
The first author deeply acknowledges the support of INSPIRE Fellowship in 2012 from DST, Govt. of India.
